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ABSTRACT
In this paper, two subband implementations of a frequency
invariant beamformer (FIB) are studied. In the ¯rst struc-
ture, the received array signals are split into subbands and
an FIB is operated in each of the corresponding decimated
subbands, with a potential of achieving a lower computa-
tional complexity. As the spatio-temporal distribution of
the subband signals is di®erent from the original fullband
signal, a modi¯ed design method of the FIB is proposed.
Based on the subband implementation, we then change the
sensor spacings of di®erent subband signals so that lower
frequency bands have a larger spacing, which results in a
class of FIBs with scaled aperture with improved perfor-
mance in lower frequencies. Several design examples are
given to show the performance of our new structures.
1. INTRODUCTION
In the past, broadband beamformers have been stud-
ied extensively due to their applications to sonar, radar
and communications [1]. Amongst them is a class of ar-
rays with frequency invariant beam patterns [2, 3]. Most
recently, a new class of frequency-invariant broadband ar-
rays, which exploits the Fourier transform relationship be-
tween the array's spatio-temporal distribution and its beam
pattern, has been proposed [4]. Starting from the desired
frequency-invariant beam pattern, by a series of substitu-
tions a simple design method was found for frequency in-
variant beamforming design. This method can be applied
to 1-D, 2-D and 3-D broadband arrays. A previously pro-
posed frequency invariant linear array [5] can be regarded
as a special case of this new class of arrays.
In this paper, we further exploit the potentials of this
new class of arrays and present two subband implementa-
tions of it. In the ¯rst structure, the received array signals
are split into subbands and a frequency invariant beam-
former (FIB) is operated in each of the corresponding dec-
imated subbands. When the spatio-temporal dimension of
the fullband array becomes large enough, the subband im-
plementation can provide a better performance at lower fre-
quencies with a lower computational complexity, although
the frequency invariant property on the whole is not as good
as the fullband FIB due to the aliasing problem. As the
spatio-temporal distribution of the subband signals is dif-
ferent from the original fullband signal, a modi¯ed design
method of the FIB is proposed. In a re¯nement, we mod-
ify this subband FIB for use with nested arrays. Several
design examples are given to show the performance of our
new structures.
This paper is organised as follows. A brief review of
FIBs is given in Section 2. We study its subband implemen-
tation in Section 3 and consider a nested array in Section 4.
Design examples are given in Section 5, and conclusions
drawn in Section 6.
2. FREQUENCY INVARIANT
BEAMFORMING
Although the method proposed in [4] can be applied to 1-D,
2-D and 3-D broadband arrays, without loss of generality,
we here focus only on the equispaced linear array.
Consider an equally spaced linear array with element
spacing of dx and signal sampling period T. Its beam pat-
tern P(!;µ) is given by
P(!;µ) =
1 X
m;n=¡1
d[m;n] e
¡jm ! sin µ
c dx e
¡jn!T ; (1)
where d[m;n] is the coe±cient in the n-th position of the
m-th sensor's tapped-delay line (TDL).
To avoid aliasing in both the spatial and temporal do-
mains, T should be half of the period of the maximum sig-
nal frequency of interest and dx half of its wavelength ¸max.
Thus we have dx =
¸max
2 = cT and !T = ­, where ­ isysis ¯lter after decimation is given by [7]
Yi(e
j~ ­) =
1
N
N¡1 X
p=0
X(e
j(
~ ­¡2p¼
N )) : (6)
We can ¯nd each ~ ­ = Si(­) according to this equation.
For the i-th subband beamformer, its response to the
decimated subband input signal can be written as
~ Pi(~ ­;µ) =
1 X
m;n=¡1
di[m;n] e
¡jm­ sin µ e
¡jn~ ­ ; (7)
where di[m;n] is the coe±cients of the i-th subband beam-
former. We use the same phase di®erence e
¡j­ sin µ between
adjacent sensors as that of the fullband beamformer in (2),
because it does not change after decimation. For its re-
sponse to the original fullband input signal, we have
~ Pi(Si(­);µ) =
1 X
m;n=¡1
di[m;n] e
¡jm­ sin µ e
¡jnSi(­) : (8)
By substituting ­1 = ­sinµ and ~ ­2 = ~ ­ into (7), we have
~ Pi(­1; ~ ­2) =
1 X
m;n=¡1
di[m;n] e
¡jm­1 e
¡jn~ ­2: (9)
Thus, we can obtain di[m;n] by applying the inverse Fourier
transform to the desired subband response ~ Pi(­1; ~ ­2).
As ~ ­ = Si(­) and ­2 = ­, we also have ~ ­2 = Si(­2), then
~ Pi(­1;Si(­2)) = P(­1;­2) (10)
for the i-th subband.
From the discussion above, we obtain a modi¯ed method
applicable to the subband beamformer using the inverse
DFT.
Suppose the dimension of the i-th subband beamformer
is Mi £ Ji,where Mi is the sensor number and Ji the TDL
length. We ¯rst obtain P(­1;­2) from the fullband beam-
former design method. Then we uniformly sample ­1 and
~ ­2 in (¡¼;¼] with Mmax £ Jmax points, where Mmax >=
Mi and Jmax >= Ji. We calculate ~ Pi(­1; ~ ­2) on these
points according to (10). However, when the subband alias-
ing after decimation is too large, one value of ~ ­2 (~ ­) will
correspond to several di®erent values of ­2 (­), where the
i-th subband signal before decimation is not zero. Thus we
will not be able to get unique values ~ Pi(­1; ~ ­2) on those
sampling points. To avoid this problem, we need to employ
oversampled ¯lter banks to suppress the aliasing e®ect to
an acceptable level, such as the oversampled GDFT ¯lter
banks [8], where although one value of ~ ­2 (~ ­) still corre-
sponds to several di®erent values of ­2 (­), which is de-
cided by (6) and can not be changed, only on one value of
­2 (­), the i-th subband signal before decimation is signif-
icantly large compared to the other corresponding values of
­2 (­) and we will take that value to calculate the unique
~ Pi(­1; ~ ­2). Applying the inverse DFT to the result, we
then get di[m;n] with a dimension Mmax £ Jmax, which
needs to be shifted and truncated to ¯t the real dimension
Mi £ Ji.
4. FREQUENCY INVARIANT
BEAMFORMING { SCALED APERTURE
The spatial resolution of a beamformer is reciprocally pro-
portional to both the aperture D of the sensor array and the
frequency ­ of an impinging waveform [1], therefore, it is
di±cult to achieve a constant beamwidth for lower frequen-
cies. Although the design of the FIB becomes very simple
by the method proposed in [4] and a constant beamwidth
is achieved over a very large bandwidth, it is still frequency
variant for the lower frequency band. To extend the con-
stant beamwidth property to a frequency as low as possible,
we here propose the frequency invariant beamformer with
scaled aperture.
The idea is similar to the one proposed in [9] and re-
°ected in the structure shown in Fig. 3, depicting the ex-
emplary case for M = 4 sensors for each octave and beam-
formers operating in 4 uniformly split decimated subbands,
with each having a bandwidth ¼=4, whereby the array sig-
nals are drawn from a total of 8 nested sensors. For the 3
octave groups of subband FIBs, processor #0 operates on
the lowest band, processors #1 form the second octave, and
the remaining two processors are responsible for the high-
est octave band covered by two subbands. As indicated in
Fig. 3, not all subbands are required for processing from
each sensor.
As the array spacing is di®erent for each octave of sub-
band beamformers, we need to change the subband beam-
former design procedure correspondingly. In Fig. 3, beam-
formers 3 and 2 have a standard spacing of d =
¸max
2 , so we
can apply the previous design procedure directly; for beam-
formers 1 and 0, they have a spacing of ¸max and 2¸max,
respectively, then we must consider this di®erence in our
design. Suppose the spacing of the subband beamformer is
¾ times the standard spacing
¸max
2 , then its response to the
original fullband input signal is
~ Pi(Si(­);µ) =
1 X
m;n=¡1
di[m;n] e
¡jm¾­ sin µ e
¡jnSi(­) ;
(11)
where di[m;n] is the coe±cients of the i-th subband beam-
former. By substituting ~ ­1 = ¾­sinµ = ¾­1 and ~ ­2 =0
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Fig. 5: The resultant beam pattern for the equispaced sub-
band linear array.
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6. CONCLUSIONS
Two subband implementations of the frequency invariant
beamformer have been studied. In the ¯rst structure, the
received array signals are split into subbands and a fre-
quency invariant beamformer is operated in each of the cor-
responding decimated subbands. It has an improved per-
formance at lower frequencies and a potential of achieving a
lower computational complexity. For the second, we change
the sensor spacings of di®erent subband signals, resulting in
a class of FIBs with scaled aperture with further improved
performance at lower frequencies. However, there is also a
problem with the two implementations, i.e. the degraded
frequency invariant property on the whole, due to the alias-
ing problem of the ¯lter banks.
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